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a correlation or covariance function is computed based on or
using the received input signal 81 at the input signal
sampling ratc 1 to provide corrglation or covarianee

coefficients rl at the input signal sampling rate 1

N1

the computed correlation or covariance coefficients rl
having the input sampling rate f1 are re-sampled to provide
correlation or covariance cocfficients 12 at the
predetermined signal processing sampling rate f2

the signal processing coefficients ¢2 are calculated based on
or using the correlation or covariance coefficients r2 at the
predetermined signal processing sampling rate 2
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1
METHOD AND APPARATUS FOR
PROVIDING SPEECH CODING
COEFFICIENTS USING RE-SAMPLED
COEFFICIENTS

CROSS-REFERENCE TO RELATED
APPLICATION

This application is a continuation of International Patent
Application No. PCT/CN2011/070884, filed on Feb. 1,
2011, which is hereby incorporated by reference in its
entirety.

TECHNICAL FIELD

The invention relates to a method and an apparatus for
providing signal processing coefficients for processing an
input signal at a predetermined signal processing sampling
rate.

BACKGROUND

In conventional audio and speech digital signal commu-
nication systems the signal can be compressed by an
encoder. A compressed bit stream can then be packetized and
sent to a decoder through a communication channel frame
by frame. The system comprising an encoder and decoder is
also called a codec device. Speech audio compression is
used to reduce the number of bits that represent the submit-
ted speech or audio signal thereby reducing the bit rate of the
transmitted signal.

Different speech coding schemes are known. For instance,
a coding algorithm such as Linear Predictive Coding L.PC,
wave form coding or sub-band/transform coding can be
employed. Depending on the specific application the algo-
rithmic delay of the employed coding algorithm is more or
less relevant. For broadcast applications a delay introduced
by the codec does not have an impact and usually the
introduced delay is quite high and can be in a range between
100 ms and 300 ms. In conventional conversational appli-
cations and particularly for VoIP, the delay constraint is an
important factor when designing a codec. In a speech audio
codec which is based on Linear Predictive Coding a linear
prediction filter can be used to estimate a frequency enve-
lope. The principle behind the use of Linear Predictive
Coding is to minimize a sum of the squared differences
between an input signal and an estimated signal over a
predetermined time period of for example 5 ms, 10 ms, 20
ms or 40 ms etc. The coefficients of the linear prediction
filter can be computed using a covariance or auto-correlation
function based on a windowed version of the input signal to
be encoded. Usually, the employed window takes into
account part of the past samples in addition to the current
samples of the input signal to be encoded. The samples
which are encoded are usually centred on the employed
window. Therefore, the window is applied on past samples
as well as on the current encoded frame as well as on future
samples which are also called look-ahead.

In some conventional Linear Predictive Coding (LPC)
based encoders the LPC estimation is done after a re-
sampling has been performed. For instance, in speech and
audio coding algorithms targeting a wideband WB or super
wideband SWB the bandwidth can be split in order to give
more importance, i.e. a higher bit rate, to the low frequency
part which is perceptually more relevant because the human
auditory system is more sensible in the low frequency part
of the signal spectrum. For example, according to G.729.1
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2
the audio bandwidth is first split in two frequency bands of
0-4 kHz and 4-8 kHz prior to a CELP encoding (Code
Excited Linear Prediction) in the first frequency band and a
bandwidth extension in the second frequency band.

FIG. 1 shows a block diagram of a conventional encoding
arrangement comprising an LPC estimation unit for provid-
ing LPC filter coefficients to a speech processing unit. As can
be seen in FIG. 1 the received digital input audio signal can
comprise frames F which are consisting of sub-frames SF. In
the shown example of FIG. 1 the frame F consists of 4
sub-frames SF0, SF1, SF2, SF3 wherein the frame F can last
for example 20 ms. Accordingly, each sub-frame can have
the length of 5 ms comprising for example 80 samples. The
received digital input audio signal S1 is applied to a re-
sampling filter RSF performing a re-sampling of the input
signal. The input signal S1 is received at the input signal
sampling rate fl of about e.g. 16 kHz and applied to the
re-sampling filter which re-samples the received signal with
a predetermined ratio of e.g. 4/5. In this way, the input signal
sampling rate fl of e.g. 16 kHz is downsampled to a
sampling rate of 12.8 kHz. Accordingly, a frame F consisting
of 4 sub-frames SF can comprise 4x80 samples=320
samples and is downsampled to a frame F' having 256
samples. Accordingly, the number of samples in the down-
sampled frame is a power of 2 and allows to use a more
efficient speech processing algorithm. The re-sampled signal
provided by the re-sampling filter RSF is split and applied to
the speech processing unit SPU as shown in FIG. 1 and to
a LPC estimation unit which provides LPC filter coefficients
for the speech processing unit SPU, or in other words is
applied to both, to the speech processing unit SPU and to a
LPC estimation unit as shown in FIG. 1. Accordingly, the
LPC estimation is done after re-sampling. For example, the
LPC filter coefficients are calculated by the LPC estimation
unit by using a “Levinson-Durbin” algorithm based on the
auto-correlation signal of the windowed input signal. As
illustrated in FIG. 1 the window is applied also on future
samples of the next frame, i.e. the LPC look-ahead.

The conventional processing arrangement as shown in
FIG. 1 comprises a re-sampling filter RSF. The drawback of
providing the re-sampling stage or re-sampling filter RSF is
that by providing this additional filtering stage an additional
delay is introduced. As can be seen in FIG. 1 the processing
delay caused by the re-sampling stage or re-sampling filter
is caused in the critical signal path. As illustrated in FIG. 1
the critical path in terms of delay includes a re-sampling
filter delay as well as the LPC look-ahead.

The re-sampling filter RSF is for instance a linear phase
FIR filter having the following transfer function:

N-1

H(w) = Z cp ek

k=0

where CO, C1 . .. CN-1 is the coefficient sequence, the
introduced filter delay is (N-1)/2. For conventional conver-
sational applications, in particular for VoIP, this introduced
delay reduces the performance of the system.

Accordingly, it is an object of the present invention to
provide a method and an apparatus for providing signal
processing coefficients to reduce the introduced delay of the
critical signal path.

SUMMARY

According to a first aspect of the present invention a
method for providing signal processing coefficients for
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processing an input signal at a predetermined signal pro-
cessing sampling rate is provided, wherein the input signal
is received at an input signal sampling rate, and wherein the
method comprises the steps of:

(a) computing a correlation or covariance function based
on the received input signal at the input signal sampling rate
to provide correlation or covariance coefficients at the input
signal sampling rate,

(b) re-sampling the computed correlation or covariance
coeflicients having the input signal sampling rate to provide
correlation or covariance coefficients at the predetermined
signal processing sampling rate and

(c) calculating the signal processing coefficients based on
the correlation or covariance coefficients at the predeter-
mined signal processing sampling rate.

Accordingly, with the method according to the first aspect
of the present invention the correlation or covariance func-
tion is directly computed for the received input signal and
not on the basis of a re-sampled signal. With the method for
providing signal processing coeflicients according to the first
aspect of the present invention the computed correlation or
covariance coefficients having the input signal sampling rate
are then re-sampled to provide correlation or covariance
coeflicients at a predetermined signal processing sampling
rate. As it is not necessary to re-sample the look-ahead
portion of the signal for encoding a current signal frame an
overall delay can be reduced with the method according to
the first aspect of the present invention by only filtering the
frame which is processed by the speech processing unit.
Accordingly, with the method for providing a signal pro-
cessing coeflicients according to the first aspect of the
present invention a re-sampling delay which is usually lower
than the length of a look-ahead is introduced in parallel to
the look-ahead and not in addition. Therefore, the re-sam-
pling delay is absorbed with the method for providing signal
processing coeflicients according to the first aspect of the
present invention into the look-ahead time portion thus
reducing the overall introduced delay in the critical signal
path.

In a possible implementation of the method for providing
signal processing coeflicients according to the first aspect of
the present invention the received input signal comprises an
actual signal portion and a look-ahead signal portion.

In a possible implementation of the method for providing
signal processing coeflicients according to the first aspect of
the present invention the step of calculating the signal
processing coefficients comprises calculating the signal pro-
cessing coeflicients for the actual signal portion.

In a possible implementation of the method for providing
signal processing coeflicients according to the first aspect of
the present invention the computed correlation or covariance
coeflicients and the re-sampled correlation or covariance
coeflicients comprise the actual signal portion and the look-
ahead signal portion of the received input signal. In other
words, the computed correlation or covariance coefficients
have been computed using the input signal comprising the
actual signal portion, e.g. an actual frame, and a look-ahead
signal portion, and the re-sampled correlation or covariance
coeflicients also comprise information about the actual sig-
nal portion and the look-ahead signal portion of the received
input signal.

In a further possible implementation of the method for
providing signal processing coeflicients according to the first
aspect of the present invention the signal processing coef-
ficients comprise Linear Predictive Coding filter coeffi-
cients.
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In a further possible implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the signal processing coef-
ficients comprise a pitch lag of the input signal.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the re-sampling is performed by a
re-sampling filter with a re-sampling factor.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the re-sampling filter is formed by a
ratio between the signal processing sampling rate and the
input signal sampling rate.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the re-sampling filter performs a
downsampling of the received input signal.

In a possible alternative implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the re-sampling filter per-
forms an upsampling of the received input signal.

In a still further possible implementation of the method
for providing signal processing coeflicients according to the
first aspect of the present invention the re-sampling filter
performs a downsampling or an up sampling of the received
input signal with a fixed re-sampling factor.

In a possible further alternative implementation of the
method for providing signal processing coefficients accord-
ing to the first aspect of the present invention the re-
sampling filter performs a downsampling or upsampling of
the received input signal with a configurable re-sampling
factor.

In a possible implementation of the method according to
the present invention the configurable re-sampling factor is
selected from a group of downsampling factors comprising:

Yis 3545,V Va V5.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the re-sampling filter is formed by a
zero phase re-sampling filter.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the computed correlation or covariance
coeflicients are filtered by a pre-emphasis filter before being
re-sampled by the re-sampling filter.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the LPC filter coefficients are calcu-
lated by means of a filter coefficient calculating unit per-
forming a filter coefficient calculation algorithm.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention the filter coefficients calculating algo-
rithm is formed by a Levinson-Durbin algorithm.

In a further possible implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the filter coefficients calcu-
lating algorithm is a Burg algorithm.

In a further possible implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the calculated LPC filter
coeflicients are provided to adapt a linear prediction filter.

According to a possible implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the linear prediction filter is
used by a speech processing unit for performing a speech
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processing function to the input signal or a re-sampled input
signal. The re-sampled input signal may be, for example, a
re-sampled version of the received input signal. The re-
sampled version of the received input signal may be
obtained by re-sampling the received input signal using the
same re-sampling factor as used for the re-sampling of the
computed correlation or covariance coefficients.

In a still further possible implementation of the method
for providing signal processing coeflicients according to the
first aspect of the present invention the speech processing
unit is formed by a Code Excited Linear Prediction, CELP,
encoder.

In a further possible implementation of the method for
providing signal processing coeflicients according to the first
aspect of the present invention the speech processing unit is
formed by a transform coded excitation, TCX, encoder.

In a possible implementation of the method for providing
signal processing coeflicients according to the first aspect of
the present invention the received input signal is a digital
audio signal comprising signal frames each consisting of a
predetermined number of samples.

The invention further provides according to a second
aspect an apparatus for providing signal processing coeffi-
cients for processing an input signal at a predetermined
signal processing sampling rate, wherein the apparatus is
adapted to receive the input signal at an input signal sam-
pling rate, that apparatus comprising:

(a) a computing unit adapted to compute a correlation or
covariance function based on the received input signal at the
input signal sampling rate to provide correlation or covari-
ance coeflicients at the input signal sampling rate,

(b) a re-sampling unit adapted to re-sample the computed
correlation or covariance coefficients having the input signal
sampling rate to provide correlation or covariance coeffi-
cients at the predetermined signal processing sampling rate;
and

(c) a calculation unit adapted to calculate the signal
processing coefficients based on the correlation or covari-
ance coeflicients at the predetermined signal processing
sampling rate.

In a possible implementation of the apparatus for provid-
ing signal processing coefficients according to the second
aspect of the present invention the calculation unit is pro-
vided for calculating Linear Predictive Coding, LPC, filter
coefficients on the basis of the correlation or covariance
coeflicients.

In a further possible embodiment of the apparatus for
providing signal processing coefficients according to the
second aspect of the present invention the calculation unit is
provided for calculating a pitch lag on the basis of the
correlation or covariance coefficients.

The invention further provides a signal processing device
according to a third aspect wherein said signal processing
device comprises an apparatus for providing signal process-
ing coefficients for processing an input signal at a predeter-
mined signal processing sampling rate, wherein the appara-
tus is adapted to receive the input signal at an input signal
sampling rate, and wherein the apparatus comprises:

(a) a computing unit for computing a correlation or
covariance function based on the received input signal at an
input signal sampling rate to provide correlation or covari-
ance coeflicients at the input signal sampling rate,

(b) a re-sampling unit for re-sampling the computed
correlation or covariance coefficients having the input signal
sampling rate to provide correlation or covariance coeffi-
cients at the predetermined signal processing sampling rate;
and
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(c) a calculation unit for calculating signal the processing
coefficients based on the correlation or covariance coeffi-
cients at the predetermined signal processing sampling rate;

wherein said signal processing device further comprises:

a speech processing unit for performing a speech process-
ing function to said input signal.

In a possible implementation of the signal processing
device according to the third aspect of the present invention
the speech processing unit performs a speech processing
function to said input signal in response to the calculated
Linear Predictive Coding LPC filter coefficients.

In a still further possible implementation of the signal
processing device according to the third aspect of the present
invention the speech processing unit performs a speech
processing function to said input signal in response to the
calculated pitch lag.

In a possible implementation of the signal processing
device according to the third aspect of the present invention
the speech processing unit is formed in an exemplary
embodiment by a speech encoder performing a speech
encoding of the input signal.

In a possible implementation of the signal processing
device according to the third aspect of the present invention
the signal processing device receives as an input signal a
digital audio signal provided by an audio signal source
connected to said signal processing device.

BRIEF DESCRIPTION OF DRAWINGS

In the following possible implementations of the method
and apparatus for providing signal processing coefficients
are described in detail with respect to the enclosed figures.

FIG. 1 shows a conventional arrangement for providing
signal processing coefficients for a speech processing unit;

FIG. 2 shows a flowchart for illustrating a possible
implementation of a method for providing signal processing
coeflicients according to a first aspect of the present inven-
tion;

FIG. 3 shows a block diagram of a possible implemen-
tation of an apparatus for providing signal processing coef-
ficients according to a second aspect of the present inven-
tion;

FIG. 4 shows an exemplary implementation and arrange-
ment comprising an apparatus for providing signal process-
ing coeflicients according to the second aspect of the present
invention;

FIG. 5 shows a block diagram for a further possible
implementation of an arrangement comprising an apparatus
for providing signal processing coeflicients according to the
second aspect of the present invention;

FIG. 6 shows a diagram for illustrating the functionality
of a zero phase re-sampling filter as employed by an
apparatus for providing signal processing coeflicients
according to the second aspect of the present invention;

FIG. 7 shows a block diagram for illustrating an arrange-
ment comprising a signal processing device according to a
third aspect of the present invention.

FIG. 8 shows a diagram of an exemplary window ampli-
tude curve as employed by an apparatus for providing signal
processing coefficients according to the second aspect of the
present invention;

FIG. 9 shows a diagram for illustrating having a zero
phase filter as employed by an exemplary implementation of
the apparatus according to the second aspect of the present
invention;
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FIG. 10 shows as further diagram for illustrating a zero
phase filter as employed by an exemplary embodiment of the
apparatus according to the second aspect of the present
invention.

DESCRIPTION OF EMBODIMENTS

As can be seen from the flowchart in FIG. 2 a method for
providing signal processing coefficients for processing an
input signal according to a first aspect of the present inven-
tion can comprise in an exemplary implementation three
steps: step 1, step 2, step 3. The method provides signal
processing coeflicients for processing an input signal at a
predetermined signal processing sampling rate f2 wherein
the input signal S1 is received at an input signal sampling
rate f1.

In a first step 1 a correlation or covariance function is
computed based on or using the received input signal S1 at
the input signal sampling rate fl1 to provide correlation or
covariance coefficients rl at the input signal sampling rate
f1.

In a further step 2 the computed correlation or covariance
coeflicients rl having the input sampling rate f1 are re-
sampled to provide correlation or covariance coefficients r2
at the predetermined signal processing sampling rate f2.

In a further step 3 the signal processing coefficients c2 are
calculated based on or using the correlation or covariance
coeflicients r2 at the predetermined signal processing sam-
pling rate 2.

The received input signal S1 for which a correlation or
covariance function is computed in step 1 can comprise an
actual signal portion and a look-ahead signal portion. In step
3 the calculating of the signal processing coefficients c2
comprises the calculation of the signal processing coeffi-
cients for the actual signal portion. The computed correla-
tion or covariance coefficients rl and the re-sampled corre-
lation or covariance coefficients r2 comprise the actual
signal portion and the look-ahead signal portion.

In a possible implementation the signal processing coet-
ficients c2 calculated in step 3 can comprise Linear Predic-
tive Coding, LPC, filter coefficients. Furthermore, in a
possible implementation the signal processing coefficients
c2 calculated in step 3 can comprise a pitch lag of the input
signal S1.

The re-sampling in step 2 can be performed in a possible
implementation by a re-sampling filter with a re-sampling
factor. This re-sampling factor can be formed by a ratio
between the signal processing sampling rate {2 and the input
signal sampling rate f1 of the input signal S1. In a possible
implementation the re-sampling performed by the re-sam-
pling filter in step 2 can be a downsampling of the received
input signal S1. In an alternative embodiment the re-sam-
pling performed by the re-sampling filter in step 2 is an
upsampling of the received input signal S1. In a possible
implementation of the method for providing signal process-
ing coefficients according to the first aspect of the present
invention the employed re-sampling factor is a fixed re-
sampling factor. In an alternative implementation of the
method for providing signal processing coefficients accord-
ing to the first aspect of the present invention the re-
sampling factor provided by the re-sampling filter in step 2
is a configurable re-sampling factor. In a possible imple-
mentation this configurable re-sampling factor can be
selected from a group of downsampling factors. This group
of downsampling factors can comprise in a possible exem-
plary embodiment the following values:

Yis,25,%5,Y%6, 54,5 L

Other ratios are possible as well depending on the specific
application. The re-sampling filter employed for re-sampling

10

15

20

25

30

35

40

45

50

55

60

65

8

computed correlation or covariance coefficients in step 2 can
be formed in a possible implementation by a zero phase
re-sampling filter.

In a further possible implementation of the method for
providing signal processing coefficients according to the first
aspect of the present invention the calculated computed
correlation or covariance coefficients r1 computed in step 1
are filtered by a pre-emphasis filter before being re-sampled
by the re-sampling filter in step 2. By employing a pre-
emphasis filter before re-sampling the speech quality can be
improved. By employing a pre-emphasis filter it is for
example possible to emphasise higher frequencies within the
signal. In a possible exemplary implementation of the
method for providing signal processing coeflicients the
calculated signal processing coefficients c¢2 calculated in
step 3 are calculated by means of a filter coefficient calcu-
lating unit. This filter coefficients calculating unit can per-
form a filter coefficient calculation algorithm. In a possible
implementation this filter coefficient calculation algorithm
comprises a Levinson-Durbin algorithm. In a further pos-
sible implementation the employed filter coefficients calcu-
lation algorithm is a Burg algorithm.

In a possible implementation of the method for providing
signal processing coeficients according to the first aspect of
the present invention as shown in FIG. 2 the calculated LPC
filter coefficients calculated in step 3 are provided to adapt
a linear prediction coding filter, LPC filter, used by a speech
processing unit for performing a speech processing function
of the received input signal S1.

This speech processing unit can be formed in a possible
implementation by a Code Excited Linear Prediction
(CELP) encoder. In a possible alternative implementation
the speech processing unit can be formed by a Transform
Coded Excitation (TCX) encoder. The received input signal
processed by the method for providing signal processing
coeflicients according to the first aspect of the present
invention can be a digital audio signal comprising signal
frames each consisting of a predetermined number of
samples.

With the method for providing signal processing coeffi-
cients for processing an input signal S1 according to the
present invention the correlation or covariance function is
computed directly based on the received input signal S1
before performing a re-sampling in step 2.

FIG. 3 shows a block diagram of a signal processing
device 1 comprising an apparatus 2 for providing signal
processing coefficients at a predetermined signal processing
sampling rate according to a second aspect of the present
invention. As can be seen in FIG. 3 the apparatus 2 for
providing signal processing coefficients at a predetermined
signal processing sampling rate comprises a computing unit
2A, a re-sampling unit 2B and a calculation unit 2C. The
computing unit 2A receives an input signal S1 applied to an
input terminal 3 of the signal processing device 1. The
received input signal S1 can be a digital audio signal
comprising signal frames wherein each signal frame F
consists of a predetermined number of samples. The
received input signal S1 comprises an input signal sampling
rate fl. The computing unit 2A of the apparatus 2 for
providing signal processing coefficients as shown in the
implementation of FIG. 3 is provided for computing a
correlation or covariance function based on the received
input signal S1 at an input signal sampling rate f1 to provide
correlation or covariance coefficients rl. The output of the
computing unit 2A is connected to an input of the re-
sampling unit 2B as shown in FIG. 3. The re-sampling unit
2B is provided for re-sampling the computed correlation or
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covariance coefficients rl having the input signal sampling
rate fl to provide signal processing coefficients r2 at the
predetermined signal processing sampling rate 2 adapted
for signal processing of a re-sampled input signal S2, e.g. a
re-sampled version S2 of the received input signal S1.

The apparatus 2 for providing signal processing coeffi-
cients c2 further comprises in the shown implementation a
calculation unit 2C for calculating the signal processing
coeflicients c2 based on the correlation or covariance coef-
ficients r2 at the predetermined signal processing sampling
rate f2. The calculated signal processing coefficients c2 are
applied as shown in FIG. 3 to a speech processing unit 4 of
the signal processing device 1. The speech processing unit 4
further receives the re-sampled input signal S2 from a
re-sampling filter 5 of the signal processing device 1. As can
be seen from the block diagram shown in FIG. 3 the received
input signal S1 is split at a node N and applied directly to the
apparatus 2 for providing signal processing coeflicients c2
without being re-sampled. The received input signal S1 is
also applied in parallel to a re-sampling filter 5 performing
the re-sampling of the received input signal S1 to obtain the
re-sampled version of the input signal S2, wherein the
re-sampled input signal S2 is applied to an input of the
speech processing unit 4. The speech processing unit 4
performs a speech processing function to the received re-
sampled input signal S2 provided by the re-sampling filter 5
as shown in FIG. 3. The output signal S3 of the speech
processing unit 4 is applied to an output terminal 6 of the
signal processing device 1.

In a possible implementation of the apparatus 2 for
providing signal processing coefficients according to the
second aspect of the present invention the calculation unit
2C is provided for calculating Linear Predictive Coding
filter coefficients which are applied to the speech processing
unit 4. The speech processing unit 4 performs a speech
processing function to the re-sampled input signal S2 pro-
vided by the re-sampling filter 5 in response to the calculated
Linear Predictive Coding [.PC filter coefficients C, received
from the apparatus 2. The re-sampling filter 5 is adapted to
use or apply, for example, the same re-sampling factor as the
re-sampling unit 2B.

In an alternative implementation the calculation unit 2C
of the apparatus 2 is provided for calculating a pitch lag on
the basis of the correlation or covariance coefficients c2. In
this possible implementation the speech processing unit 4
performs the speech processing function of the re-sampled
input signal S1 in response to the calculated pitch lag. The
speech processing unit 4 can provide different speech pro-
cessing functions. In a possible exemplary implementation
the speech processing unit 4 performs a speech encoding of
the re-sampled input signal S2. Further, speech or audio
processing functions can be performed in alternative imple-
mentations by the speech processing unit 4 as well depend-
ing on the application.

FIG. 4 shows an arrangement comprising a signal pro-
cessing device 1 according to a third aspect of the present
invention comprising an apparatus 2 for providing signal
processing coefficients according to the second aspect of the
present invention. As can be seen in FIG. 4 the input signal
S1 can comprise a sequence of frames F each consisting of
one or several sub-frames SF. In the shown exemplary
implementation each frame F comprises four sub-frames
SF0, SF1, SF2, SF3. Each sub-frame SF can have a length
of e.g. 5 ms wherein each sub-frame SF comprises for
example 80 digital samples. This input signal S1 is applied
to the input terminal 3 of the signal processing device 1 and
split at a node N to an apparatus 2 for providing signal
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processing coefficients ¢2 according to the second aspect of
the present invention and to a re-sampling filter 5 which
performs in the exemplary implementation a downsampling
with a downsampling factor of 4/5. The input signal sam-
pling rate f1 of the input signal S1 is in the shown exemplary
implementation 16 kHz. The sampling rate of the re-sampled
signal S2 is in the shown exemplary implementation £2=12.8
kHz. The re-sampled signal S2 provided by the re-sampling
filter 5 is applied in the shown exemplary implementation to
the speech processing unit 4 which receives in the shown
implementation LPC filter coefficients C, from the apparatus
2. The apparatus 2 for providing signal processing coeffi-
cients according to the second aspect of the present inven-
tion can comprise three stages as shown in FIG. 4, ie. a
computing unit 2A, a re-sampling unit 2B and a correlation
unit 2C. The computing unit 2A computes a correlation or
covariance function based on the received input signal S1 at
the input signal sampling rate f1=16 kHz to provide corre-
lation or covariance coefficients rl. The re-sampling unit 2B
which is in the shown exemplary implementation a down-
sampling filter having a downsampling ratio of 4/5 is applied
on these correlation or covariance coeflicients rl. The re-
sampling unit 2B provides the correlation or covariance
coeflicients r2 at the predetermined signal processing sam-
pling rate f2. The calculation unit 2C calculates the signal
processing coefficients ¢2 which are formed e.g. by LPC
filter coefficients in the shown exemplary implementation.
These signal processing coefficients c2 are calculated by the
calculation unit 2C based on the re-sampled correlation or
covariance coefficients r2 at the predetermined signal pro-
cessing sampling rate f2. The calculated LPC filter coeffi-
cients c¢2 can be applied in a possible implementation to an
LPC filter provided within the speech processing unit 4. The
speech processing unit 4 can be formed for example by a
speech encoder performing a speech encoding of the re-
sampled input signal S2 applied to the speech processing
unit 4 by the re-sampling filter 5.

As illustrated in FIG. 4 the re-sampling delay (hatched
area representing the re-sampling delay shifted—compared
to FIG. 1—into the LPC look-ahead portion) caused by the
re-sampling filter 5 is absorbed into the look-ahead since the
LPC estimation of the apparatus 2 is done on the 16 kHz
auto-correlation signal. The re-sampling delay which is
usually lower than look-ahead delay is introduced in parallel
to the look-ahead and not in addition.

FIG. 5 shows a further possible implementation of a
signal processing device 1 having an apparatus 2 for pro-
viding signal processing coefficients according to the second
aspect of the present invention. The shown implementation
is similar to the implementation in FIG. 4, however, the
apparatus 2 comprises in the shown exemplary implemen-
tation also a pre-emphasis filter 2D which is arranged
between the computing unit 2A and the re-sampling unit 2B.
Furthermore, the output signal of the re-sampling filter 5 is
also applied to a corresponding pre-emphasis filter 7 before
the re-sampled signal S2 is applied to the speech processing
unit 4. The Pre-emphasis filter 7 can be provided for
improving the speech quality of the signal. Accordingly, in
the implementation as shown in FIG. 5 the calculated
computer correlation or covariance coefficients rl are fil-
tered by a pre-emphasis filter 2D before being re-sampled by
the re-sampling unit 2B. For the pre-emphasis filter 7 as
shown in FIG. 5 a corresponding pre-emphasis filter stage
2D is provided for filtering the correlation or covariance
coeflicients rl computed by the computing unit 2A. The
pre-filter stage 2D and the re-sampling unit 2B can be
integrated in a possible implementation into a single filter. In
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this specific embodiment the pre-emphasis filter 2D and the
re-sampling unit 2B comprise one single filter. With the
arrangement shown in FIG. 5 a phase of the auto-correlation
is preserved. Accordingly, the re-sampling unit 2B can be
formed by a zero phase re-sampling filter. This zero phase
filter can be in a possible implementation a two-pass filter.
In an alternative implementation the zero phase re-sampling
filter 2B is a linear phase re-sampling filter with recentering
of delay, i.e. a maximal auto-correlation is zero. Further-
more, it is possible that the zero phase re-sampling filter is
formed by a sine interpolation filter.

As can be seen in FIGS. 4 and 5, the input signal S1
provided to the apparatus 2 comprises, for example, an
actual signal portion, e.g. an actual frame F, and a look-
ahead portion. The re-sampling filter 5 is adapted to re-
sample the actual signal portion of the input signal S1 and
a re-sampling portion (hatched area) of the input signal S1.

FIG. 6 illustrates the re-sampling unit 2B formed by a
zero phase re-sampling filter wherein a downsampling of the
computed correlation or covariance coeflicients rl is per-
formed. The re-sampling reconstructs the negative part by
using symmetry of auto-correlation. Accordingly, the nega-
tive values of auto-correlations are obtained by using sym-
metry as illustrated in FIG. 6.

Zero phase filtering can be performed by:

a two pass filter: considering x,, being the correlation, for
all low pass filter (even not a zero phase filtering) x,, is first
filtered in the forward direction to obtain y,. Then y,, is
filtered in backward direction (time reserved order) to obtain
the output 4.

Yu=h*x(1)

z,=h*y_,.

Finally, the filtered correlation is obtained by z-n.

or by linear phase re-sampling filter with recentering of
delay (i.e. max autocorrelation need always to be at zero),

or by Sin ¢ interpolation or spline interpolation or other
kind of interpolation.

For Sin ¢ interpolation the function sin ¢(x) is defined by
sin c(x)=sin(x)/x for x=0, with sin ¢(0)=1. The sine inter-
polation formula is defined as:

x(t)i = ooxnsinc(;([ - nT)),
n=-o0

where T is the sampling period used to determine xn from
the original signal, and x(t) is the reconstructed signal.

Alternatively a spline interpolation can be performed in
the field of numerical analysis, spline interpolation is a form
of interpolation where the interpolant is a special type of
piecewise polynomial called a spline.

Given n+1 distinct knots xi such that:

x0<x1< ... <xn-1<xn

with n+1 knot values yi, a spline function of degree n can
be calculated:

So(x)

Si(x)  xelxr, x2]

xelxo, X1 ]
S(x) =
Sp-1(x) xexn-1, Xn]

where each Si(x) is a polynomial of degree k.
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Linear spline interpolation is the simplest form of spline
interpolation and is equivalent to linear interpolation. The
data points are graphically connected by straight lines:

Yirl = Vi
Xitl —Xi

Six)=yi + (X =x;).

For example a filter H1 having a characteristic as shown
in FIG. 9 is a 127 order zero phase filter. As shown in the
FIG. 9 it is symmetric and the maximum point is at the
middle.

The re-sampling filter can be combined with a pre-
emphasis filter.

H.omp=H"H,

e

Where Hcomb is the characteristic of the combined filter,
H is the characteristic of the re-sampling filter, Hpre is the
characteristic of the pre-emphasis filter and operator “*” is
the convolution operator.

There are many possible kinds of pre-emphasis filters
which can be used.

An exemplary characteristic of the pre-emphasis filter is:

Hprel=[-0.68,0,0,0,0,1.4624,0,0,0,0,-0.68].

Another example of the characteristic of the pre-emphasis
filter is:

Hpre2=[—0.68,1.4624,-0.68].

Hcomb1=H1*Hprel

Hcombl is e.g. a 137 order filter, which is also a zero
phase filter having a characteristic as shown in FIG. 10.

The method and apparatus for providing signal processing
coeflicients can reduce the re-sampling filter delay caused by
the re-sampling filter 5 which is usually introduced sequen-
tially in the auto-correlation/correlation/covariance compu-
tation. The method and apparatus for providing signal pro-
cessing coeflicients can be applied for different sampling
frequencies, for instance wideband WB (50-7,000 Hz) with
a 16 kHz sampling frequency or super wideband SWB
(50-14,000 Hz) with a 32 kHz sampling frequency or full
band FB with a sampling frequency of 48 kHz. The method
for providing signal processing coeflicients can be applied
also to other signal processing involving the computation of
an auto-correlation or covariance function. In a possible
implementation the processing involving the computation of
correlation/covariance can be performed in a downsampled
domain. For instance, an open loop pitch search which is
also a step in the CELP codec can be performed on the
original signal and not on the downsampled signal.

FIG. 7 shows a block diagram illustrating the use of a
signal processing device 1 according to a third aspect of the
present invention. In this exemplary embodiment a signal
processing device 1 receives the input audio signal S1 from
an analogue digital converter 7 which converts an analogue
audio signal into a digital signal and samples, for example,
the analogue signal at the input signal sampling rate f1. The
analogue to digital converter 7 is connected to an audio
signal source 8 such as a microphone.

FIG. 8 shows an exemplary window amplitude curve
which can be used by a windowing unit within a computing
unit 2A of the apparatus 2 for providing signal processing
coeflicients. The shown windowing curve can be applied to
the received input signal S1 before auto-correlation is
applied. The windowing curve is provided for current
samples of the respective frame F as well as for past samples
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and future samples forming the look-ahead as shown in FIG.
8. In other words, in certain embodiments the window
function shown in FIG. 8 or similar window functions are
applied to a previous signal portion, to a current or actual
signal portion and to a look-ahead portion of the input
signal, wherein a current or actual frame F forms the current
or actual signal portion.
The processing of the signal processing device 1 can be
performed by hardwired units or by using corresponding
signal processing programs. The method for providing sig-
nal processing coeflicients for processing the input signal S1
can be implemented by a signal processing program com-
prising corresponding instructions for processing the signal
as well. Such a program for providing signal processing
coeflicients can be stored in a program memory or a data
carrier. The configuration parameters such as the configu-
rable re-sampling factor employed by the re-sampling unit
2B can be configured by means of a configuration interface
of the signal processing device 1.
What is claimed is:
1. A method for providing signal processing coeflicients
for processing an input signal at a predetermined signal
processing sampling rate, wherein the input signal is
received at an input signal sampling rate, the method com-
prising:
computing a correlation or covariance function based on
the received input signal at the input signal sampling
rate to provide first correlation or covariance coeffi-
cients at the input signal sampling rate, wherein the
input signal comprises an audio signal;
re-sampling the computed first correlation or covariance
coeflicients having the input signal sampling rate to
provide second correlation or covariance coefficients at
the predetermined signal processing sampling rate;

calculating the signal processing coeflicients based on the
second correlation or covariance coefficients at the
predetermined signal processing sampling rate; and

coding a re-sampled input signal using the calculated
signal processing coeflicients, wherein the re-sampled
input signal is the input signal re-sampled at a second
input signal sampling rate.

2. The method according to claim 1, wherein, the received
input signal comprises an actual signal portion and a look-
ahead signal portion, wherein the calculating the signal
processing coefficients comprises calculating the signal pro-
cessing coefficients for the actual signal portion, and
wherein the computed first correlation or covariance coef-
ficients and the re-sampled second correlation or covariance
coeflicients comprise the actual signal portion and the look-
ahead signal portion.

3. The method according to claim 1, wherein the signal
processing coefficients comprise Linear Predictive Coding
(LPC) filter coefficients or a pitch lag of the input signal.

4. The method according to claim 3, wherein the LPC
filter coefficients are calculated by a filter coefficient calcu-
lating unit performing a filter coefficient calculation algo-
rithm comprising a Levinson-Durbin algorithm or a Burg
algorithm, and wherein the calculated LPC filter coefficients
are provided to adapt a linear prediction coding (LPC) filter,
used by a speech processing unit for performing a speech
processing function to the re-sampled input signal.

5. The method according to claim 4, wherein the speech
processing unit is formed by a Code Exited Linear Predic-
tion (CELP) encoder or a Transform Coded Excitation
(TCX) encoder.

6. The method according to claim 1, wherein the re-
sampling is performed by a re-sampling unit with a re-
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sampling factor being formed by a ratio between the pre-
determined signal processing sampling rate and the input
signal sampling rate, wherein the re-sampling unit performs
a downsampling or an upsampling of the received input
signal with the re-sampling factor, and wherein the re-
sampling factor is a fixed or configurable re-sampling factor.

7. The method according to claim 6, wherein the configu-
rable re-sampling factor is selected from a group of down-
sampling factors comprising

Yis 3545,V Va V5.

8. The method according to claim 6, wherein the re-
sampling unit is formed by a zero phase re-sampling filter.
9. The method according to claim 6, wherein the com-
puted correlation or covariance coefficients are filtered by a
pre-emphasis filter before being re-sampled by the re-sam-
pling unit.
10. The method according to claim 1, wherein the
received input signal is a digital audio signal comprising
signal frames, wherein each of the signal frames consists of
a predetermined number of samples.
11. An apparatus for providing signal processing coeffi-
cients for processing an input signal at a predetermined
signal processing sampling rate, the apparatus comprising:
a transducer for receiving the input signal, wherein the
input signal comprises an audio signal;
a non-transitory computer-readable storage medium
including computer-executable instructions for causing
the apparatus to perform the method comprising:
computing a correlation or covariance function based
on the received input signal at an input signal sam-
pling rate to provide first correlation or covariance
coeflicients at the input signal sampling rate,

re-sampling the computed first correlation or covari-
ance coeflicients having the input signal sampling
rate to provide second correlation or covariance
coeflicients at the predetermined signal processing
sampling rate,

calculating the signal processing coefficients based on
the second correlation or covariance coeflicients at
the predetermined signal processing sampling rate,
and

coding a re-sampled input signal using the calculated
signal processing coeflicients, wherein the re-sampled
input signal is the input signal re-sampled at a second
input signal sampling rate.

12. The apparatus according to claim 11, wherein the
non-transitory computer-readable storage medium further
includes instructions comprising calculating at least one of
the group consisting of (a) Linear Predictive Coding (L.PC)
filter coeflicients and (b) a pitch lag, based on the second
calculated correlation or covariance coefficients.

13. A signal processing device comprising:

a non-transitory computer-readable storage medium
including computer-executable instructions for causing
the device to perform the method comprising:

computing a correlation or covariance function based on
an input signal at an input signal sampling rate to
provide first correlation or covariance coefficients at the
input signal sampling rate wherein the input signal
comprises an audio signal,

re-sampling the computed first correlation or covariance
coeflicients having the input signal sampling rate to
provide second correlation or covariance coefficients at
the predetermined signal processing sampling rate,
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calculating the signal processing coeflicients based on the
second correlation or covariance coefficients at the
predetermined signal processing sampling rate, and

coding a re-sampled input signal using the calculated
signal processing coeflicients, wherein the re-sampled 5
input signal is the input signal re-sampled at a second
input signal sampling rate.

14. The signal processing device according to claim 13,
wherein the performing instructions further comprise per-
forming a speech processing function to said re-sampled 10
input signal in response to at least one of (a) calculated
Linear Predictive Coding (LPC) filter coefficients and (b) a
calculated pitch lag.

15. The signal processing device according to claim 13,
wherein the non-transitory computer-readable storage 15
medium further includes instructions comprising receiving a
digital audio signal as the input signal, wherein the digital
audio signal is provided by an audio signal source connected
to the signal processing device.
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